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Introduction

In this quarterly progress report, we update research activities occurring
mostly in Hearing and Speech Research Laboratory at the University of
California, Irvine (UCI). Since moving to UCI last summer, Dr. Zeng has
completed his laboratory setup and personnel recruitment. The laboratory is now
up and running. Here we present a manuscript that is ready for submission and
report preliminary data on two additional studies conducted in Dr. Zeng’s
laboratory at UCI.

The first study was a collaborative effort with researchers at Johns
Hopkins University, House Ear Institute, and Advanced Bionics Corporation,
which measured speech dynamic range and its effect on cochlear implant
performance. The main results are: (1) the speech dynamic range is about 50
dB, which is wider than the commonly-assumed 30 dB range; (2) a 50-dB input
acoustic range is required to produce optimal speech recognition in cochlear
implant users; and (3) further improvement in speech recognition may be
achieved by implementing different acoustic-to-electric mapping functions for
low- and high-frequency channels.

The second study focused on the effectiveness of cochlear implantation in
auditory neuropathy. People with auditory neuropathy typically preserve the
cochlear amplification function (presence of otoacoustic emission) but have
desynchronuous neural activities (absence of evoked auditory brainstem
responses). They often complain about hearing but not being able to understand
sounds, particularly in noise. Because hearing aids are usually ineffective,
cochlear implantation has been attempted to alleviate the hearing problem inthis
group of people. Here we present psychophysical and electrophysiological data
in two neuropathy patients who have received cochlear implants. While the
results showed that electric stimulation significantly improves neural synchrony,
the neuropathy patients with cochlear implants still cannot reach the level of
temporal processing by a typical cochlear implant user. We propose that a slower
rate but more channels of stimulation may be more beneficial to the neuropathy
population.

The third study was aimed to identify the critical information necessary for
accurate perception of music and tonal languages. Our preliminary data showed
that cochlear implant users can typically recognize tempo and rhythmic patterns
but cannot identify commonly known melodies. These results suggest that
cochlear implant listeners have relatively normal temporal processing but
impaired processing of fine-frequency structure. To achieve a high level of
musical appreciation, this fine-frequency structure has to be encoded in future
cochlear implants.
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Research activity update

The Hearing and Speech Research Laboratory at UCI occupies a 1000-
square-foot space in the College of Medicine. The laboratory has two double-
walled, sound-attenuated booths equipped with modern digital sound generation
and delivery systems (Tucker-Davis System Il and Ill). Clinical and research
interfaces are also available for all cochlear implant devices (Clarion, Ineraid,
Med-El, and Nucleus). The laboratory is in close proximity to the Evoked
Potentials Laboratory (Dr. Starr), the Auditory Neurophysiology laboratory (Dr.
Kitzes), and the Brain Imaging Center. The following is a summary of research
activities that have occurred since Dr. Zeng's move to UCI.

Laboratory personnel:

» Research Associate: Rachel Cruz, M.A (Northwestern University), CCC-A;
Ms. Cruz has a background in music and audio engineering.

» Post-doc: Ginger Stickney, Ph.D. in Psychology (University of Texas —
Dallas), CCC-A; Dissertation title: “Analyses of speech processing
strategies for cochlear implants and the effects of electrode interaction.”

» Post-doc: Kaibao Nie, Ph.D. in Biomedical Engineering (Tsinghua
University); Dissertation title: “Speech signal processing for cochlear
implants.”

» Doctoral Student: Sheng Liu, M.S., Department of Biomedical
Engineering, UCI. Mr. Liu has a background in biomedical signal
processing.

» Doctoral student: Yingyee Kong, M.S., Department of Cognitive Sciences,
UCI. Ms. Kong has a background in linguistics and psychophysics.

» Doctoral student: Zhonggiang Ding, M.S., Department of Information and
Computer Sciences, UCI. Mr. Ding has a background in programming and
speech coding.

Research activities:

* Ruth Litovsky, Ph.D., from Boston University, was brought in as a
consultant to prepare a study on binaural hearing for patients who have
received bilateral cochlear implants.

* Representatives from Advanced Bionics, Med-El, and Cochlear
Corporation visited UCI to continue their technical support for developing
improved speech processing strategies for auditory prostheses.

» Zeng visited Janet Shanks and Lisa Gibbs at Long Beach VA Hospital to
establish collaboration and access to VA implant subjects.

* Cruz, and Stickney and Zeng visited Oralingua School for the Hearing
Impaired at Whittier, California.

* Sheng Li and Zeng attended the Clarion C-Il research interface workshop

» Zeng gave talks about cochlear implants at UCSF, UC-Berkeley, and the
University of Michigan, Ann Arbor.
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Abstract
This report studies how to optimally convert speech sounds into audible electric currents

in cochlear-implant listeners. The speech dynamic range was measured using twenty
consonants and twelve vowels spoken by five female and five male talkers. Under
conditions where the maximal rms level was normalized for all phoneme tokens, both
broad-band and narrow-band acoustic analyses showed about a 50-dB distribution of
envelope levels. This 50-dB speech dynamic range has to be mapped into a 10-20 dB
electric range, which istypical in cochlear implant users. Using alogarithmic mapping
function, speech recognition was evaluated in ten Clarion implant users as a function of
the input acoustic dynamic range. The recognition data showed that a 50-dB input
dynamic range is required to produce optimal speech recognition in these implant users.
Taken together, the present acoustic and perceptual data indicate that the speech dynamic
range is much greater than the commonly-assumed 30-dB range. A new amplitude
mapping strategy is proposed based on the acoustic analysis of the envelope distribution
difference between consonants and vowels. This new strategy uses alogarithmic map for
low-frequency channels and a more compressive map for high-frequency channels, and

may improve overall speech recognition for the present cochlear implant users.
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INTRODUCTION

A major goal in designing speed processors for cochlear implantsisto ogimally
convert speech signalsinto eledric aurrents that fit in the implant user’ s perceptua range.
In order to make the softest speech sounds audible and the loudest still comfortable, we
need to knaw the dynamic range for speedch sounds, the dynamic range for eledric
stimulation, and the gpropriate nversion from speech sounds to e ectric aurrents. In
clinicd pradice, selection d aoustic and electric dynamic ranges and conversion from
aoustic anplitudeto eledric anplitude ae part of the “mapping” process which can
play an important role in determining the outcome of cochlea implant performance and
satisfadion. Psychophysical studies have measured the dynamic range over alarge
eledric parameter space and determined the gpropriate conversion from acoustic
amplitude to eledric amplitude (e.g., Zeng and Shannon, 19921994 1995 Zeng,
Galvin, and Zhang, 1998 Zeng and Galvin, 1999. However, much lessis known abou
how much speech information shoud be included in the input dynamic range for cochlea
implants. Here we present new empirical data on the speedch dynamic range and
demonstrate its sgnificancein cochlear implant performance.

Idedly, the input dynamic range would be set to 120 dB, the typicd dynamic
range within which a normal-hearing person processes acoustic intensity information.
The aoustic anplitude with the 120-dB dynamic range would then be mnwverted into a
current value that evokes sensation ketween minimal to maximal loudress However, the
aooustic dynamic range has to be greatly compressed to acaommodate the substantially
narrow dynamic range for the cochlear implant listeners (abou 10-20 dB, seeSkinner et
a., 1997 Zeng and Galvin, 1999 and Table 2 in this dudy). Becaise the implant
listeners also have alimited intensity resolution o abou 20 dscriminable steps (Nelson
eta., 1996 Zeng et al., 1998, they would na be aleto dscern meaningful variationsin
soundintensity. Pradicdly, speed islikely the most important soundand wsually has a
much small er dynamic range than the 120-dB range, therefore, the input dynamic rangeis
set between 30and 60 dB in most implant devices. The hope isthat the relative intensity
changes from soft consonants to loud vavels will be preserved perceptually for a
cochlear implant listener to understand speed.

Currently, there ae more than 40,000cochlear implant users worldwide. Nearly
threequarters use the Nucleus device by Cochlear Corporation. In Nucleus devices, a 30-
dB range is used as the input dynamic range (User Manual, The Nucleus 22 Channel
Cochlea Implant System, p. 4SP). In Med-El devices, a60-dB input dynamic range is
used (Stobich et a., 1999. In Clarion devices, the inpu dynamic range can between 20
and 80 @ for users of the Simultaneous-Analog-Stimulation (SAS) strategy (Clarion
DeviceFitting Manual, C9055003002Rev. C, p.22Q. At present, the dinicd fitting of
the aoustic dynamic range relies mostly on experience and ladks experimental
validation.

The 30-dB speech dynamic range is widely assumed, based onthe dasdc acoustic
analysis by Fletcher (1953 and aher ealier statisticd measurements on conversational
speed (Dunnand White, 194Q. This 30-dB dynamic range has formed the basis for
many appli cations including the Articulation Index (ANSI, 1969 1997). However,
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modern analysis using digital signal processng has snown a much greater speec
dynamic range than this classc 30-dB range. Boathroyd et a. (1994) performed one-third
octave analyses of 7 phoremes produced by 5 female and S5male talkers. They foundthat
the overal dynamic rangein these data was 53 dB, and that the dynamic range was 37 dB
even after adjustment in overal | evels and high-frequency pre-emphasis. Stobich et al.
(1999 cdculated the distribution d envelope level for 180 German sentences goken by
amaletaker and foundadynamic range of 70 dB for these speedh materials. Eddington
et a. (1999 aso calculated the distribution o envelope levels over 6 frequency channels
for the TIMIT sentences presented at a conversationa level. They foundthat the
distribution o speed envelope levels was in the range of 40-60 dB.

Perceptua studies also suppat the data from modern acoustic analysis that the
speed dynamic rangeis greder than 30dB. Studebaker et al. (199) measured NU6
word recognition at speed levelsfrom 64to 99 B SPL and speedch-to-noise ratios from -
29to -4 dB. They founda slight increase in speech recognition scores (5 rau unts) when
the speed level was increased from 64to 79dB SPL. This suggests that, contrary to the
30-dB speed dynamic range assumption, audibility was gill i ncreasing under these
condtions. Moreover, if the 30 dB dynamic range were assumed, then the lowest
amplitudes for the speech soundwould be 15to 18dB lower than the speech rmslevel, as
asumed in ANSI (1969and 199). In ather words, word recognition for speech-to-noise
ratios ranging from 16 to 28dB shoud be simil ar to that produced by the quiet condtion.
However, Studebaker et al. foundsignificantly poarer speech recognition for the noise
conditions than the quiet condtion. The speed score deaeased by 5to 15rau unts when
the speed-to-noise ratio was varied from 16 to 28 dB with speed presented at a fixed
65-dB SPL overdl level. The speed score was further decreased by 5 to 25rau untsfor
the same speech-to-noise ratios with speed presented at afixed 99 BB SPL overall | evel.
These results led Studebaker and his coll eagues to conclude that the eff ective dynamic
range of speed must be at least 40to 43 B.

Here we measured the distribution d envelope levels for two widely-used speech
test materials: 12 vowelsin /hvd/ format (Hill enbrand, Getty, Clark, & Wheder, 1995
and 20consonants in /aCal format (Turner, Souza, & Forget, 1995 Shannonet a., 1999.
Our data showed that these speedh materials have a50-dB envelope level distribution
based oneither a broad-band analysis or a narrow-band analysis from 8 frequency
channels. We dso measured speech reaognition as afunction d inpu dynamic rangein
cochlear implant listeners. Our data showed that an input dynamic range of 50-60dB is
required to produce optimal performance for cochlear implant users.

|. Methods
A. Subjects

Five young(21-36 years old) normal-heaing listeners srved as a ntrol in the
experiment. Ten Clarion] (Advanced Bionics Corporation) cochlear implant users also
participated in the experiment. The implant subjeds’ ages ranged from 21to 56years
(average 42 years). Each subject had at least one year of experiencewith the achlea
implant during the time of testing. There were 7 CIS users and 3SAS users. Except for
onesubjea (MY) whowas dedened prelingually, all other subjeds had past-lingual
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dedness All subedswere familiar with speech tests from previous clinica eval uations.
Additional subjed informationislisted in Table 1. Locd IRB-approved informed consent
was obtained. All subjeds were paid for their participation.

Insert Table 1 abou here

B. Clarion Speech Processors

Eadh cochlear implant listener used hisor her preferred clinicd setting (or map)
for the experiment. User maps were uploaded from the subject’s gpeech processor, stored
in SCLIN for Windows ftware (Clarion Device Fitting Manual), and downloaded to a
laboratory S-Series peedt procesor to minimize ejuipment-related variables. Speech
recognitionwas conducted as afunction d the input dynamic range (IDR). There were 6
possble settings with the CIS processgng strategy (from 10to 60 dB in 10 B steps) and
7 pcsshble settings with the SAS processng strategy (from 20to 80 dB in 10 dB steps).
No changes other than the IDR were made within an individual’s map. Volume and
sensiti vity settings were kept constant within and between test sessons.

Figure 1 ill ustrates the detail ed relationship between input dynamic range and
eledric dynamic range in Clarion cochlea implants. The x-axis (i.e., the inpu dynamic
range) determines the range of acoustic inpu mapped into the dectric output range
between threshold (T level) and the most comfortable loudress(M level). The speech
procesor first seleds an acoustic level (O dB onthe x-axis) and mapsiit into an electric
level (M level) that evokes the most comfortable loudress The speech processor then
maps either the 10 dB range below the 0-dB amustic level into the audible dedric
dynamic range (the rightmost sloping line), or any ather amustic range into the same
audible dedric dynamic range. Presumably, any acoustic inpu level that is outside the
inpu dynamic range will be mapped into either a subthreshold electric level (< T leve)
or a wnstant saturating level (> M level). Note the interchangeable relationship between
the inpu dynamic range andthe T level. For example, a40-dB inpu dynamic range
setting eff ectively beaomes a 20-dB setting when the dedric threshold isincreased from
Tlevel to T’ level (see2 gpen circlesin Fig. 1). Becaise the x-axisis logarithmic while
they-axisislinea, astraight line onthese akesindcaes alogarithmic compresson from
aoustic anplitudeto eledric anplitude. This logarithmic transformation between
aoustic and eledric amplitude has been verified psychophysicdly to restore normal
loudressgrowth in eledric stimulation (Eddington et a., 1978 Zeng and Shannon, 1992
Dormanet a., 1993.

Insert Fig. 1abou here

C. Stimuli

Five femae and five mae ault talkers produced 12 vavelsin /hvd/ format
(Hillenbrand, Getty, Clark, & Wheder, 1995 and 20consonants in /aCal format (Turner,
Souza, & Forget, 1995 Shannonet a., 1999. The Hill enbrand vowels were 16-bit
WAV files sampled at 16 kHz, and the Turner/Shannonconsonants were 16-bit WAV
files smpled at 44.1KHz. All speed tokens (including Hill enbrand vowvels and
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Turner/Shannonconsonants) were subject to anormali zation procedure based onthe
maximal rms level from a 50-ms running window. This maximal level most likely
measured the level of the steady-state portion d the vowel.

These vowel and consonant stimuli were output via aPC sounctard (Turtle Beach
Multi SoundFiji board) conneded to one dhannel of amixer (Tucker-Davis Techndogies,
TDT SM1). A speech-spectrum-shaped ndse was generated by passng white noise (TDT
WGL) througha spedall y-designed low-passfilter with a aut-off frequency at 608 Hz
anda-12 dB/octave slope (Byrne d a., 1994. The noise was deli vered to another
channel of the mixer where it was simmed with the phanemic stimuli.

The summed speech and nase stimuli were anplified (Crown D-75) and
presented to the listener via aTannoy Revea speaker mournted onadoulde-walled sound
treded bodh (IAC). Each subjed was positioned in the center of adoulde-wall ed sound-
treded room (IAC) fadng the speaker (abou 1 meter away, at 0° azimuth and at ear
level). A calibration vowvel /al was generated to have the same rmslevel asthe average
vowel level in bah tests andto produce a onversational level of 65 dBA. The noise was
attenuated (TDT PA4) to achieve a+5 dB speech-to-noiseratio (i.e., the noise had alevel
of 60 dBA).

D. Procedures

Distribution o speed envelope levels was calculated for both broad-band (250-
6800Hz) and narrow-band analysis. In the broad-band analysis, the ewelope of the
aooustic signal was extraded by full-wave redificaion and low-passfiltering (an
Ellipticd IR filter with 16GHz cutoff frequency and —6 d per octave slope). A
histogram was cd culated to produce the number of occurrences for envelope anplitude
(re: peak amplitude). Becuse of the noise floor on the bottom of the distribution, we
conservatively defined the speed dynamic range & the difference in the envelope levels
producing between 5% and 9% accumul ative occurrences. In the narrow-band analysis,
the broad-band signal was divided into 8 rarrow bands (Fourth order Elli pticd 1R filters
with cutoff frequencies at 250, 500, 875, 1150, 1450, 2000, 2600, 320d,6800Hz).
Thesefilters corresporded to the filters used in the Clarion cochlear implants. The band-
spedfic envelope was extraded and its amplit ude histogram was constructed in the same
way as the broad-band analysis.

Vowel and consonant recogrition were mnduwcted separately in a d osed-set
format using an interface developed at the House Ear Institute (Robert, 1999. Thetest
order of different input dynamic ranges was pseudo-randamized for all li steners. Speech
recognition was conaucted first in quet and then in nase. All li steners were given 15
minutes to acdimate to each experimental processor and were dl owed to preview all
stimuli before formal test sessons. Each test sesson consisted of 5 presentations for each
phoreme by each of the ten talkers. The order of each phaneme’ s occurrence in each test
sessonwas randamized. The listener’ s resporse to the speech stimulus was gored as a
confusion matrix. No trial-by-trial feedback was given regarding the @rrednessof the
resporse.

Il. Results
A. Speech dynamic range
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Figure 2 shows distribution d envelope levels for these /aCal and/hVd/ tokensin
the broad-band condtion (top panel) and for the /aCal tokens (midd e panel) and the
/hvd/ tokens (bottom panel) in the 8-channel condtion. First note the dominating
envelope level distribution at high levels for the broad-band analysis. A small “bump” in
the distribution at low levels (more obvious in the vowel envelope) most likely reflects
the antribution from the soft consonants. Thisis clearly ill ustrated in the narrow-band
analysis, which shows a strong distribution at low levels for the high-frequency channels
(dotted linesin middle and bdtom panels).

For the broad-band condtion (top panel), the aoustic dynamic rangeis 47 B
(from -51to -4 dB) for consonants and 46 @ (from -50to -4 dB) for vowels. For the 8-
channel condtion, the mnsonant dynamic rangeis41, 52, 51, 50, 47, 46, 4a)d 45dB
for channel 1, 2, 3, 4, 5, 6, 7and 8,respedively. On the other hand, the vowel dynamic
rangeis51, 51, 53, 49, 47, 47, 4&hd 36dB for channdl 1, 2, 3, 4, 5, 6, 7and 8,
respedively. Given these acoustic dynamic ranges, we shall seewhether an inpu
dynamic range setting of 50 dB would produce optimal speech recognition in cochlear
implant users.

Insert Fig. 2abou here

B. Electric dynamic range

Figure 3 shows the most comfortable loudress(M levels, top panel) and
the threshdld (T levels, batom panel) asafunction d electrode positionin 5CISand 3
SASusers. These M and T levels are presented in microamps. Note the apparent;y greaer
variability in bah M and T levelsfor the SAS users compared to the CIS users. Also nde
the greder variability acosselectrodes for the SAS users than the CIS users. The highM
levelsfor subjed AL may actually be much lower as they approach the saturation pation
of the aurrent source in the Clarion S-series devices (Clarion Device Fitting Manua p.
20).

Insert Fig. 3abou here

Table 2 shows the calculated eledric dynamic ranges, defined as the dB
differencebetween M and T levels. Table 2 confirmsthe visual impresgonin Fig. 3that
the SAS users have both greater acoss-subjed and within-subjed variability in dyramic
range than the CIS users. The dedric dynamic range averaged acrosselectrodes was
15.0, 13.9, 13.0, 11.6nd 12.8 @ for the CIS users, LH, JM, MY, SC, and WC,
respedively. On the other hand, the areraged electric dynamic range was 44.6, 6.6 and
9.4 B for the SAS users, AL, AM, and EC, respectively. Note that the unusually large
dynamic range for AL isatheoretical value, the acua value may be much lower and
could be cdculated, if we had aacessto the subjed’sinternal device. Similarly, the
variability in dyramic range within the subjed is much small er (standard deviation
ranges from 0.2to 1.6 dB) for the CIS users than the SAS user (standard deviation ranges
from 0.8to 10.0 d).
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Insert Table 2 about here

C. Phonemerecognition in quiet

Figure 4 shows both the group average (line) and individual data (symbol). The
top panel shows consonant recognition (y-axis) as a function of input dynamic range (x-
axis), while the bottom panel shows vowel recognition (y-axis) as a function of input
dynamic range (x-axis). For the 5 normal-hearing listeners, the average score for
consonant recognition was 97% and the score for vowel recognition was 93%. For the
implant listeners, the best average score was about 40 percentage points lower than the
normal-hearing control; even the best individual score was still about 15 percentage
points lower than the control.

More interestingly, the average group data demonstrated a non-monotonic
function with the best performance at medium input dynamic ranges of 40-60 dB and a
decreased performance at lower and higher input dynamic ranges. The individual data
had a similar trend, but their range of performance varied greatly. The individual
performance range was between 30 and 45 percentage points for all except the -70 and -
80 input dynamic range conditions, at which only 1-2 subjects participated in the
experiment.

A one-way ANOV A confirmed that the input dynamic rangeis asignificant factor
affecting speech recognition in Clarion cochlear implant users [consonants. F(7,36)=6.19,
p<0.01; vowels: F(7,33)=2.79, p<0.05]. A paired t-test indicated no significant
difference in consonant recognition between the -50 and the -60 dB input dynamic range
conditions (p>0.05), but significantly poorer performance for the remaining narrower
input dynamic range conditions (p<0.01). Similarly, there was no significant difference
between -40, -50, and -60 dB conditions (p>0.05) in vowel recognition, which was
significantly better than the -10, -20, and -30 dB input dynamic range conditions. No
statistical test was conducted between the medium dynamic range and the -70 and -80 dB
conditions because of the small number of subjects. The present data suggest that the
input dynamic range should be set to 50 dB or greater in order to achieve optimal
performance in speech recognition.

Insert Fig. 4 about here

D. Phonemerecognition in noise

Figure 5 similarly shows consonant and vowel recognition as a function of input
dynamic range for the 5-dB speech-to-noise ratio condition. For comparison, the
averaged data for the quiet condition are shown as the dashed line. Because not all
subjects were tested in every condition, the averaged data for the quiet conditionin Fig. 5
are shown for only those conditions where the corresponding noise data were available.
Because of the scarcity of the data, we only performed a paired t-test, which revealed that
noise significantly lowered both consonant recognition scores (p<0.001) and vowel
recognition scores (p<0.01). A closer examination on the pattern of datain Fig. 5 also



NO1-DC-92100 OPR#9 Jan-Mar2001 Page 13

revealed a mupe of interesting trends. First, the noise seemed to “flatten” both consonant
and vowel reaognition functions. This trend was particularly apparent with vowel
recogntion. Seaond, nase gpeared to aff ect consonant recogntion more with wide input
dynamic range settings (a decrease of 20 percentage points for inpu dynamic ranges
between 50and 80 dB) than with narrow input dynamic range settings (merely a deaease
of 4 percentage points for the 30 dB input dynamic range).

Insert Fig. 5abou here

[11. DISCUSSION

The present acoustic analysis and perceptual results can shed light on haw to
optimally map speed dyramic range into eledric dynamic range. The aoustic anaysis
results showed that multi-talker phoremes have goproximately a 50-dB distribution o
envelope levels, which is much wider than the commonly-assumed 30-dB speech
dynamic range. In the broad-band (250-6800Hz) analysis, the distribution o consonant
and vowel envelope levels, particularly the vowel levels, showed a bi-modal pattern (top
panel in Fig. 2). Thishi-modal distribution dsappeaed in the narrow-band analysis
(midde and bdtom panelsin Fig. 2), approximating anormal distribution with diff erent
means for different frequency bands. The high-frequency channels have ashifted
distribution towards lower envelope levels than the low-frequency channels. Presumably,
the high-frequency channels carry most consonant information such as fricatives and
stops, whil e the low-frequency channels carry mostly vowel information. This diff erence
in envelope level distribution can significantly affed how consonants and vavels shoud
be mapped into an audible dedric range.

Acoustic-to-eledric anplitude mapping hes been studied extensively in users of
auditory brainstem implants (Shannon,Zeng, and Wygonrski, 1999, the Med-El/CIS-
Link Ineraid devices (Boex et al., 1995 Wilson et a., 1999 Loizou, Poroy, and Dorman,
2000, and the Nucleus devices using either 4-channel CIS-type processng (Fu and
Shannon, 1998 or the SPEAK strategy (Zengand Galvin, 1999. A general trend nded
in these studies was that a more compressve map would produce better consonant
recognition than alesscompressve map, whil e the degreeof compresson heslittl e, if
anything at al the oppasite, effed on vowel recognition (Boex et al., 1995 Zeng and
Galvin, 1999. The present acoustic anaysis can accourt for this observation.

Figure 6 shows a cae where the aoustic envelope anplitude of both consonants
(dotted line) and vowels (solid line) is mapped into the dectric level using the same
logarithmic function (assuming inpu dynamic rangeisin dB and eledric level isin
microamps). The two horizontal dashed lines represent the dedric threshold (T level)
and the most comfortable loudhess(M level), respectively. Because the ansonant
envelope distribution was abou 20 dB lower than the vowel envelope distribution (Fig. 2
middle and bdtom panels), the mnsonants are likely to be mapped into alessoptimal
eledric range. First, some low envelope levels may be mapped into eledric levels below
threshold (the lower horizontal dotted line). Second,a portion d the dectric dynamic
range may be wasted (the portionindicaed bythe line with an arrow on bdh ends)
becaise no envelope levels are present. Third, even envelope levels that are mapped into
audible dedric range, are likely mapped into the lower portion d the dedric dynamic
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range where intensity discrimination and moduation detection are both poa (Nelson et
al., 1996 Zeng et d., 1998 Fu, 2000.

Insert Fig. 6abou here

On the other hand, if amore mmpressve map is used for consonants, then all
threeundesirable eff ects can be dl eviated. Figure 7 shows the same map asin Figure 6
for vowels but amore compressve map for consonants (the aurved line on right-top
panel). The compressonwill raise previously inaudible low envelope levels above
threshold, reduce the unused portion d the dectric dynamic range, and map more of the
envelope into the upper electric dynamic range where intensity discrimination and
moduation are optimal. The negative trade-offs for the more mwmpressve mapping are
the slightly distorted envelope level distribution (seethe mapped consonant envelope
distributionin eledric domain, left-top panel) and the possbility that some low-level
noise may also become audible. Overall, amore cmpressve map is likely to produce
better consonant recognition than alesscompressve map, as <en in the literature.

Insert Fig. 7abou here

Theoretically, uncer laboratory condtions where the envelope level distribution
for test materialsis known, ore can ogtimally set each channel’s mapping function besed
onthe mean and standard deviation d the envelope level distribution d that channel.
Under redistic li stening situations where speech materials canna be wntrolled and real-
time processngis required, more compressve mapping for high-frequency channels
relative to low-frequency channels will help map the consonant envelope levelsinto the
full eledric dynamic range. In ather words, cochlear implant users may achieve better
overall speech reaogntionwith alogarithmic map for low-frequency channels and a
more cmpressve map for high-frequency channels. Such implementationis nat feasible
with the present clinicd fitting systems. A future study using aresearch interfaceis
required to implement the different mapping functions for different frequency channels
and to evaluate its predicted improvement in speed recogntion.

V. CONCLUSIONS

The present study measured the speech dyremic range using twenty consonants
and twelve vowels goken byfive female and five male talkers. The present study also
measured speedt recogritionin Clarionimplant users as afunction d the inpu acoustic
dynamic range. The acoustic and perceptual data support the foll owing conclusions:

1. The speech dyramic rangeis abou 50 dB, much wider than the
commonly-asaumed 30 dB dynamic range.

2. Aninpu dynamic range of 50-60 B isrequired to suppat optimal speedt
recogntionin cochlear implants.

3. Current cochlea implant users may benefit from a new amplitude
mapping strategy where alogarithmic map is used for low-frequency
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channels and amore cmpressve map is used for high-frequency
channels.
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Table 1. Biographical and audiological information for cochlear implant participantsin

this study.

Subject | Age | Surgery Date | Device | Strategy | Ear Etiology
DF 66 11/16/89 S-Series CIS Left Otosclerosis
M 39 7/16/97 S-Series CIS Left Unknown
LH 21 8/5/98 S-Series CIS Right Unknown
SC 56 4/25/96 1.2 CIS L eft Meningitis
MY 56 11/20/96 1.2 CIS Left | Maternal Rubella
NJ 55 1/17/97 S-Series CIS Right Congenital
WC 35 12/5/96 1.2 CIS Right Ototoxicity
AL 46 1/29/98 S-Series SAS Left Unknown
AM 61 5/16/97 S-Series SAS Right Menieres
EC 76 7/9/98 S-Series SAS Right Unknown

Table 2. Electric dynamic range (dB) for 5 CISusers (LH, M, MY, SC, and WC) and 3

SASusers (AL, AM, and EC).

MY WC JM SC LH AL AM EC
11.9 13.6 12.8 10.1 13.1 6.1 23.3
14.8 13.9 13.4 11.9 12.8 38.7 7.5 24.8
14.2 11.3 13.1 12.2 12.8 41.3 6.9 3.7
14.5 13.6 13.1 12.5 12.8 41.6 7.5 2.9
17.1 13.9 12.5 12.8 13.1 45.1 6.4 3.2
16.8 14.5 13.1 11.9 12.8 50.6 6.6 2.9
14.8 15.1 13.6 11.3 12.8 50.3 5.2 4.9
15.7 154 12.2 10.2 12.5
Average:
15.0 13.9 13.0 11.6 12.8 44.6 6.6 9.4
Std Dev:
1.6 1.2 0.5 1.0 0.2 5.0 0.8 10.0
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FIGURE LEGENDS:

Figure 1. Conversion from input dynamic range (dB, x-axis) to electric dynamic range
(MA, y-axis) in Clarion devices. M level is the most comfortable loudness level. T level represents
electric threshold. Raising T level has the same effect as narrowing the input dynamic range (e.g.,
raising threshold from T to T’ effectively reduces the input dynamic range from —40 to —20 dB, see
the 2 open circles).
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Figure 2. Speech dynamic ranges (or envelope level distributions) for the broad-band
condition (top panel) and the 8-narrow-band conditions (for consonants see the middle panel and

for vowels see the bottom panel).
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Figure 3. Top panel displays the most comfortable loudness (M-level) as a function of
electrodes (x-axis). Bottom panel displays thresholds (T-level) as a function of electrodes (x-axis).
Note the greater variability among the SAS users (filled symbols connected by solid lines) than
the CIS users (open symbols connected by dashed lines).
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Figure 4. Consonant (top) and vowel (bottom) recognition scores (y-axis) in quiet as a
function of the input dynamic range (x-axis). Individual data are represented by symbols (open
symbols for CIS users and filled symbols for SAS users). The average data are represented by

the solid line.
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Figure 5. . Consonant (top) and vowel (bottom) recognition scores (y-axis) in noise as a
function of the input dynamic range (x-axis). Individual data are represented by symbols (open
symbols for CIS users and filled symbols for SAS users). The average data are represented by
the solid line. For comparison, the correspondent average data in quiet (see text) are also
included (dashed line).
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Figure 6. Effects of envelope level distribution. |. Logarithmic mapping for both
consonants and vowels. The right-bottom panel shows idealized acoustic envelope level
distribution for consonants (dotted line) and vowels (solid line). The right-top panel shows the
logarithmic acoustic-to-electric conversion. The left-top panel shows electric envelope level
distribution. Note that a significant portion of low electric envelope levels are mapped below
threshold (T level) and also that a portion of electric dynamic range is unused (indicated by the

line with arrow on both ends).
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Figure 7. Effects of envelope level distribution. 1l. Logarithmic mapping for vowels and
more compressive mapping for consonants. The right-bottom panel shows idealized acoustic
envelope level distribution for consonants (dotted line) and vowels (solid line). The right-top panel
shows the logarithmic acoustic-to-electric conversion (straight line) for vowels and the more
compressive conversion (curved line) for consonants. The left-top panel shows electric envelope

level distribution. Note the improved use of electric dynamic range for consonants.
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Electric stimulation in auditory neuropathy (AN)

By Fan-Gang Zeng, Henry Michalewski, and Arnold Starr
Departments of Biomedical Engineering, Otolaryngology, and Neurology,
University of California, Irvine, CA 92697

Recently there have been a large number of AN subjects (approximately 30 in
US) who have received a cochlear implant. We have had the opportunity to
study 2 AN subjects with cochlear implants in regard to the auditory pathway and
psychoacoustic temporal processes. Some measures of auditory temporal
processes showed improvement but the extent of improvement varied widely.

Results:

The first subject (AN3) had a profound hearing loss at the time of implantation
with an associated peripheral neuropathy (Type | AN). Word comprehension
was gradually lost over 15 years and was 0% at the time of implantation. ABRs
were absent with acoustic stimulation while cochlear microphonics and TEOAEs
were present. Gap detection to acoustic stimuli prior to implantation was
profoundly elevated (80 ms).

We tested evoked potentials of the auditory pathway and psychophysical
functions using electrical stimulation with the implant. For the electrical ABR
(EABR), a brief electrical stimulus was presented at a rate of 11/s and with a
current strength that elicited the sensation of a brief sound with a subjective
“loudness” of “7” on a 1-10 scale (10 being very loud and 1 being very faint).
Brain potentials (30-3000 Hz filter bandwidth) were averaged across 2000-3000
stimuli and EABRs were defined (see Figure below). The grand averaged EABR
had a questionable component IV at 3.7ms (evident on only one the two
averages) but a consistent component V at 4.9 ms. Component V was delayed
approximately 1 ms compared to
other studies of EABRs (e.g., Starr
2 Subject #6 and Brackmann, 1979 reported Wave
Two Superimposed Trials V at 3.9 ms; Brown et al., 2000). An
EABR Electrode #15 averaged EABR was not elicited
115 when the rate was increased to 24/s.
This was in contrast to other non-AN
subjects with cochlear sensory
deafness who had EABRs with
stimulus rates at 100/s. Thus, the
EABR in this patient was abnormal,
being limited to a Wave V that was
delayed in latency at slow stimulus
rates and absent when stimulus rates
were increased, findings consistent
with a neuropathic disorder of the
Latency (ms) auditory nerve.

EABR

Amplitude (uV)
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Interestingly, this subject also had significant elevation of thresholds for
discriminating changes of rate, requiring about 15 Hz to distinguish a change at
10 and 20 Hz (normal and implant users need about 5 Hz) and could not tell
differences between

| | o Nolrma, range stimulus rates above 50
—o—AN3 Hz. In contrast, we found
?;:ANs-Implant that electric stimulation
AN13
£ Q
= IN\'—/. neuropathy subject. Figure
5 T\ \D on the left shows normal-
2 | \D hearing listeners’ gap
& wf -No 4 detection threshold range
NN - (mean + 2 SDs, shaded
T T -— area); for this AN subject,
NG N I the pre-surgical gap
. . . |<?L detectipn thresho_lds via
0 0 0 © o o acoustic stimulation (open

circles) and post-surgical
threshold via electric
stimulation (filled circles). The data clearly show that the impaired gap detection
threshold (80 ms vs. normal 2 ms at high sensation levels) was totally restored to
the normal range (1.5 ms) with the cochlear implant.

dBSL

On the other hand, the second neuropathy subject (AN13) had only
moderate hearing loss prior to implantation, but could not recognize speech in
moderately noisy backgrounds. She also had robust cochlear microphonics and
otoacoustic emissions but no ABRs acoustic stimulation. With the cochlear
implant (Nucleus 24), she still had a large gap detection threshold (see Figure
above) of 13 msec even when the stimulus was presented at the maximum
comfortable loudness level. Rate discrimination was also abnormal. She needed
24 and 26 Hz increase to tell there was a rate difference for the standard rate 10
and 20 Hz, respectively. She could not tell difference for rates above 200 Hz.

Because this subject (AN13) had almost normal audiogram on the non-
implanted side, we compared consonant recognition with acoustic and electric
stimulation in quiet (65 dBA) and in noise (S/N=+10 dB). Test stimuli and
procedure were described in Progress Report #4. In quiet she achieved 68%
consonant recognition with her non-implant ear (implant off) and 56% correct with
her cochlear implant (normal ear plugged). However, in the presence of the
noise, her score decreased to 29% with acoustic stimulation (typical result in AN
subjects) but was relatively unchanged at 52% with the implant. More interesting
results were found in the bilateral condition with both acoustic and electric
stimulation. In quiet, she was able to integrate between ears to increase her
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recognition score to 82%. In noise, the score was 46%, which fell between the
score for acoustic or electric stimulation alone.

Summary:
Our preliminary results showed that cochlear implants could improve

auditory processing in AN subjects, but this improvement is not uniform. For
example, AN subjects with cochlear implants could not process fast rate
information. We need to measure similar temporal processing tests in additional
AN subjects to determine whether poor rate discrimination is characteristic of all
AN subjects. This information is important for optimizing implant stimulation
procedures. Our preliminary data suggest that speech strategies with a low-rate,
but a great number of channels of stimulation (e.g., 20-channel ACE strategy
with low-rate stimulation) may be more advantageous than a fast-rate CIS
strategy in AN subjects with cochlear implants.

Music perception in cochlear implant users

By Rachel J. Cruz and Fan-Gang Zeng
Department of Otolaryngology, University of California, Irvine, CA 92697, USA

While many cochlear implant (CI) users enjoy success regarding speech
understanding, most of them are still frustrated by their inability to accurately
hear music. Also, CI users in non-western countries where languages are tonally
based, do not seem to derive the same benefit as individuals who speak non-
tonal languages. The overall objective of this study is to identify the critical
information necessary for accurate perception of music and tonal languages. As
part of a series of systematic studies, we present two experiments in tempo and
rhythmic pattern discrimination.

Musical tempos and patterns were generated by an Alesis SR-16 drum
machine. A kick drum sample and a snare drum sample were used to represent
both low and mid-frequency information. Tempos ranged from 60 to 150 beats
per minute (bpm). The tempo study used one bar of the same pattern, which
varied by tempo each presentation. For the pattern discrimination study, six one-
bar rhythmic patterns were used including permutations of quarter, eighth, and
sixteenth notes. Figure below shows an audio file and the musical notation which
corresponds to that sound pattern.




NO1-DC-92100 OPR#9 Jan-Mar2001 Page 28

Both normal hearing and CI subjects listened to the stimuli in the sound
field at a comfortable listening level (55-60 dBA). The CI users listened to the
musical sounds through their speech processors using the normal setting. In the
tempo discrimination experiment, the subject was required to identify the faster
tempo in a two-interval forced-choice paradigm (2IFC) task. In the pattern
discrimination experiment, the subject had to identify the rhythmic pattern that
was different in a three-interval forced-choice (3IFC) task. A psychometric
function was fitted to the data to derive a discrimination threshold for both
experiments.

Preliminary data showed that there was no difference in tempo
discrimination between normal hearing and Cl listeners (see Figure below).
However, as we continue to train our listeners on additional musical tasks we
expect greater differences in their abilities to accurately hear music. For example,
we found ClI listeners could not identify commonly known melodies. These results
suggest that cochlear implant listeners have relatively normal temporal
processing but impaired processing of fine-frequency structure. To achieve a
high level of musical appreciation, this fine-frequency structure has to be
encoded in future cochlear implants.
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Plans for the next quarter at UCI:

Hardware — Clarion Research Interface (CRI-11). We are in the process of
obtaining the research interface for the new generation of Clarion cochlear
implants (CRI-Il). The new interface allows electric field measurement
and many additional features that were not available in the previous
devices. The UCI implant center has recently implanted 3 patients with the
Clarion C-1l device, and the House Ear Clinic also has 3 C-Il patients. We
will work with these patients to address electrode interaction in cochlear
implants.

Experiments — Psychophysics. We will continue to collect intensity, temporal,
and spectral processing data in cochlear implants. We hope these basic
psychophysical data will form the basis for customized speech processing.

Experiments — Speech Processor Design. We will continue to recruit both good
and poor cochlear implant users and hope to improve their performance in
guiet and in noise. Specifically, we will evaluate whether (1) different
amplitude mapping functions for different channels will produce improved
speech recognition and (2) neuropathy subjects benefit from a speech
strategy with a low rate but a high number of channels of stimulation.
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Publications and Presentations in this Quarter:
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of the 12" International Symposium on Hearing, A.J.M. Houtsma, A.
Kohlrausch, V.F. Prijs, and R. Schoonhoven (Eds.), Shaker Publishing BV,
Maastricht, NL, pp. 403-410.

Fu, Q.-J., Galvin, J., and Wang, X. (2001). Recognition of time-distorted
sentences by normal-hearing and cochlear-implant listeners, J. Acoust.
Soc. Amer, 109(1), 379-384.

Fu, Q-J. and Galvin, J. (2001). Recognition of spectrally asynchronous speech by
normal-hearing listeners and Nucleus-22 cochlear implant users, J.
Acoust. Soc. Amer., 109(3), 1166-1172.
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